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[57] ABSTRACT 

A reverberation imparting apparatus comprises at least a 
data shift register, a coefficient shift register and an arith 
metic convolution unit. The data shift register stores a string 
of sampling data each representative of an instantaneous 
value of an audio signal at each sampling period, while the 
coefficient shift register stores a string of coef?cicnts which 
are created on the basis of waveforms of re?ected sounds in 
response to an impulse sound arti?cially produced in a 
certain sound-?eld space such as a church. Normally, the 
data shift register successively stores new sampling data 
which are newly inputted thereto so that the contents of the 
data shift register is successively renewed. The arithmetic 
convolution unit performs an arithmetic convolution, using 
the string of coe?icients on the string of sampling data. 
However, when an amplitude level indicated by the sam 
pling data becomes lower than a threshold level, the data 
shift register prohibits the new sampling data from being 
stored therein, so that the string of sampling data stored are 
?xed. In addition, the coe?icients stored are successively 
shifted from relatively-old coe?icients, which are produced 
responsive to relatively-old waveforms of re?ected sounds, 
to relatively-new coefficients which are produced responsive 
to relatively-new waveforms of re?ected sounds. Hence, the 
arithmetic convolution unit performs the arithmetic convo 
lution, using the coe?‘icients which are successively shifted, 
on the ?xed string of sampling data. Thus, it is possible to 
impart a long-time reverberation to the audio signal. 

2 Claims, 12 Drawing Sheets 
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REVERBERATION IlVIPARTING APPARATUS 

BACKGROUND OF THE INVENTION 

1. Field of the Invention 

The present invention relates to a reverberation imparting 
apparatus which simulates acoustic characteristics of the 
sound-?eld space having a relatively long reverberation 
time. 

2. Prior Art 

As the method of imparting reverberation to audio sig 
nals, there is provided a reverberation imparting method 
which utilizes a so-called re?ected-sound-synthesis system. 
This method uses a memory, such as a read-only memory 
(i.e., ROM), which stores a string of sampling data repre 
sentative of re?ected sounds in advance. The re?ected 
sounds are picked up (i.e., an impulse response is measured) 
when an impulse sound is arti?cially produced in the certain 
sound-?eld space such as the concert hall or auditorium. 
Then, the arithmetic convolution is performed using a string 
of sampling data, which are stored in the ROM, on another 
string of sampling data representative of the audio signals. 
Thus, it is possible to obtain the audio signals to which the 
reverberation is imparted. This method is advantageous in 
that by merely storing a string of sampling data represen 
tative of the re?ected sounds, a variety of reverberation 
effects, corresponding to a variety of sound-?eld spaces, can 
be imparted to the audio signals. 

Meanwhile, when an impulse sound is produced in a 
certain kind of sound-?eld space such as the church, the 
reverberation sounds are sounded for a relatively long time. 
When synthesizing such reverberation sounds by the above 
mentioned reverberation imparting method utilizing the 
re?ected-sound-synthesis system, the arithmetic convolu 
tion should be performed, using a string of sampling data 
representative of the reverberation sounds having a rela 
tively long reverberation time, on a string of sampling data 
representative of the audio signal which also have a rela 
tively long sounding time. Such arithmetic convolution 
requires a high-performance digital signal processor (i.e., 
DSP) having a large tap number. In other words, it is 
necessary to provide a DSP which is capable of performing 
the arithmetic convolution, using the addition and multipli 
cation, many times in each sampling period. In order to 
embody the DSP, having a large tap number, it is necessary 
to provide a plenty of multipliers inside of the DSP. Or, it is 
necessary to increase an execution speed of the DSP such 
that the convolution processing, using the addition and 
multiplication, can be performed many times in one sam 
pling period. Because of the reasons described above, it is 
dif?cult for the conventional technology to impart the rever 
beration sounds, having a long reverberation time, to the 
audio signals. 

SUMMARY OF THE INVENTION 

It is an object of the present invention to provide a 
reverberation imparting apparatus which is capable of 
imparting the reverberation sounds, having a relatively long 
reverberation time, to the audio signals without providing a 
complex hardware con?guration in the DSP. 

According to the present invention, a reverberation 
imparting apparatus comprises at least a data shift register, 
a coe?icient shift register and an arithmetic convolution unit. 
The data shift register stores a string of sampling data each 
representative of an instantaneous value of an audio signal 
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2 
at each sampling period, while the coe?icient shift register 
stores a string of coef?cients which are created on the basis 
of waveforms of re?ected sounds in response to an impulse 
sound arti?cially produced in a certain sound-?eld space 
such as a church. Normally, the data shift register succes 
sively stores new sampling data which are newly inputted 
thereto so that the contents of the data shift register is 
successively renewed. The arithmetic convolution unit per 
forms an arithmetic convolution, using the string of coeffi 
cients, read from the coefficient shift register, on the string 
of sampling data read from the data shift register. 
When an amplitude level indicated by the sampling data 

becomes lower than a threshold level, in other words, when 
a long-time reverberation should be imparted to the audio 
signal, the data shift register prohibits the new sampling data 
from being stored therein, so that the string of sampling data 
stored are ?xed. In addition, the coefficients, stored by the 
coe?icient shift register, are successively shifted from rela 
tively-old coe?icients, which are produced responsive to 
relatively-old waveforms of re?ected sounds, to relatively 
new coefficients which are produced responsive to rela 
tively-new waveforms of re?ected sounds. Hence, the arith 
metic convolution unit performs the arithmetic convolution, 
using the coefficients which are successively shifted, on the 
?xed string of sampling data. Thus, it is possible to impart 
a long-time reverberation to the audio signal by merely 
shifting the coef?cients without increasing the number of 
operations required in the arithmetic convolution. 

BRIEF DESCRIPTION OF THE DRAWINGS 

Further objects and advantages of the present invention 
will be apparent from the following description, reference 
being had to the accompanying drawings wherein the pre 
ferred embodiments of the present invention are clearly 
shown. 

In the drawings: 
FIGS. 1(a) and 1(b) show graphs for re?ected sounds and 

audio signals, respectively, which are used to explain the 
working principle of the present invention; 

FIG. 2 is a block diagram showing a simpli?ed con?gu— 
ration of a DSP which realizes a reverberation imparting 
apparatus according to a ?rst embodiment of the present 
invention; 

FIG. 3 is a block diagram showing a detailed con?gura 
tion for a selected part of the DSP shown in FIG. 2; 

FIG. 4 is a block diagram showing a detailed con?gura 
tion of a coe?icient processing portion; 

FIG. 5 is a time chart for a variety of signals, used by the 
?rst embodiment, in connection with a progress of sampling 
periods; 

FIG. 6 is a time chart for a variety of signals used by the 
?rst embodiment; 

FIG. 7 is a block diagram showing a main part of the DSP 
in connection with a ?rst state (a); 

FIG. 8 is a block diagram showing a main part of the DSP 
in connection with a second state (b); 

FIG. 9 is a block diagram showing a main part of the DSP 
in connection with a third state (0); 

FIG. 10 is a block diagram showing a main part of the 
DSP in connection with a fourth state (d); 

FIG. 11 is a block diagram showing a main part of the 
DSP in connection with a ?fth state (e); 

FIG. 12 is a block diagram showing a main part of the 
DSP in connection with a sixth state (f); 
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FIG. 13 is a block diagram showing a main part of the 
DSP in connection with a seventh state (g); 

FIG. 14 is a block diagram showing a main part of the 
DSP in connection with an eighth state (h); 

FIG. 15 is a block diagram showing a main part of the 
DSP in connection with a ninth state (i); 

FIG. 16 is a block diagram showing a con?guration of a 
reverberation imparting apparatus according to a second 
embodiment of the present invention; 

FIG. 17 is a block diagram showing an internal state of an 
arithmetic convolution unit shown in FIG. 16; 

FIG. 18 is a block diagram showing another internal state 
of the arithmetic convolution unit; and 

FIG. 19 is a block diagram showing a simpli?ed con?gu 
ration for a reverberation imparting apparatus according to 
a third embodiment of the present invention. 

DESCRIPTION OF THE PREFERRED 
EMBODIMENTS 

[A] Working Principle of the Present Invention 

Before speci?cally describing the embodiments of the 
present invention, the working principle of the present 
invention will be described with reference to FIGS. 1(a) and 
1(1)). The present invention offers a brand-new idea for the 
synthesis of the reverberation sounds having a long rever 
beration time (hereinafter, simply referred to as “long-time 
reverberation sounds”). 

In FIG. 1(a), a graph shows waveforms of re?ected 
sounds (i.e., impulse response) which are produced when 
producing an impulse sound in the certain sound-?eld space. 
The waveforms progress from the left to the right in the 
graph in FIG. 1(a) along a time axis; and those waveforms 
are converted into a string of sampling data. In FIG. 1(b), 
each of graphs (b)-@ and (b)-@ shows waveforms repre— 
sentative of the audio signals to which the reverberation 
sounds should be imparted. Those waveforms, shown by 
each of the graphs (b)-@ and (b)-@, are also converted into 
a string of samplin data. DilIercnt from the graph (a), each 
of the graphs (b)-(% and (b)—@ has a reverse time axis, by 
which waveforms reversely progress from the right to the 
left in each of those graphs. Hence, the sampling data 
corresponding to the waveform at the leftmost point in each 
of those graphs is the newest sampling data, while the 
sampling data corresponding to the waveform at the right 
most point is the oldest sampling data. 

In the embodiments which will be described later, the 
manner of the arithmetic convolution is changed over 
responsive to the amplitude level of the waveform indicating 
the audio signal to which the reverberation sound should be 
imparted. 

In the graph (b)-@, the amplitude level of the audio 
signal at the current timing is relatively high. In that case, the 
apparatus extracts a string of sampling data (see ‘C’ in the 
graph (a)), representative of the waveforms of the re?ected 
sounds which are produced in a certain time ‘RT’ which is 
measured from a moment t0 at which the impulse sound is 
produced. In addition, the apparatus also extracts another 
string of sampling data (see ‘SD’ in the graph (b)—®) 
representative of the audio signals which are inputted thereto 
during the previous time RT until the current timing. Then, 
the apparatus performs the arithmetic convolution, using a 
string of sampling data representative of the re?ected sounds 
extracted, on another string of sampling data representative 

25 

35 

40 

45 

55 

4 
of the audio signals extracted. In other words, a string of 
sampling data ‘C’ are convoluted into another string of 
sampling data ‘SD’. Thus, it is possible to synthesize the 
audio signals to which the reverberation sounds are 
imparted. The above-mentioned processing is equivalent to 
that of the conventional reverberation-imparting method 
employing the conventional re?ected-sound-synthesis sys 
[CIIL 

In contrast, in the graph (b)-@, the amplitude level of the 
audio signal at the current timing is roughly equal to zero. 
In that case, a certain string of sampling data ‘SDa’ are 
selected for the execution of the arithmetic convolution. The 
string of sampling data ‘SDa’ emerge during the time RT 
which has been previously passed until a moment at which 
the amplitude level of the audio signal becomes equal to 
zero. In the graph (b)-@, during a certain interval of time 
‘Z’, the amplitude levels of the audio signals are roughly 
equal to zero. A string of sampling data ‘Cb’, representative 
of the re?ected sounds in the graph (a), corresponds to the 
interval of time ‘Z’, while a string of sampling data ‘Ca’ 
indicate the re?ected sounds which are produced during the 
time RTa (where RTa=RT) after the interval of time Z. 
Hence, the string of sampling data ‘Ca’ are used as a string 
of coefficients which are used to perform the arithmetic 
convolution on the aforementioned string of sampling data 
‘SDa’ representative of the audio signals. 

In the above—mentioned arithmetic convolution, the string 
of sampling data ‘Ca’ are actually convoluted into the string 
of sampling data ‘SDa’. However, the results of this arith 
metic convolution are roughly equivalent to the results of the 
arithmetic convolution which is performed, using a string of 
sampling data “Cb+Ca”, on a string of sampling data 
“Z+SDa”. Because, the results of the arithmetic convolution, 
which is performed using the sampling data Z on the 
sampling data Cb, are represented by minimum values 
which are negligible. 

If the amplitude levels of the audio signals are continu 
ously equal to zero, the arithmetic convolution continuously 
uses the string of sampling data SDa but the coefficients, 
represented by the sampling data of the re?ected sounds, are 
successively shifted along the time axis of the graph (a). 
Thus, the arithmetic convolution is performed continuously 
on the string of sampling data SDa by using the sampling 
data, representative of the re?ected sounds, which are suc 
cessively shifted along the time axis, as long as the ampli 
tude levels of the audio signals are roughly equal to zero. 

If the working principle described above is employed, 
even the computing device, having a limited tap number by 
which the arithmetic convolution is performed with respect 
to the limited time RT, can impart the long-time reverbera 
tion sounds to the audio signals although the working 
principle requires a limited amount of the sampling data, 
representative of the re?ected sounds, which are provided in 
advance. 

Next, the embodiments of the present invention will be 
described in detail. 

[B] First Embodiment 

(1) Overall Con?guration 

FIG. 2 is a block diagram showing a main con?guration 
of a reverberation imparting apparatus, according to the 
present invention, which is embodied by a DSP. Herein, the 
DSP shown in FIG. 2 is mainly con?gured by a data-input 
control portion 10, an arithmetic convolution portion 20, a 
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coctlicient processing portion 30 and a coef?cient-change 
control portion 40. The data-input control portion 10 is 
provided to input the audio signals, to which the reverbera 
tion should be imparted, into the DSP. Herein, the data-input 
control portion 10 inputs multiple sampling data, represen 
tative of the audio signal, by each sampling period; in other 
words, the data-input control portion 10 inputs one word of 
sampling data every sampling period through an input 
terminal 11. The arithmetic convolution portion 20 is pro 
vided to impart the reverberation to the audio signals. In 
order to impart'the reverberation to the audio signals, the 
arithmetic convolution portion 20 performs an arithmetic 
convolution, using a string of coe?icients, on a certain 
number of sampling data which have been previously input 
ted by the data-input control portion 10. Then, results of the 
arithmetic convolution are outputted through an output 
terminal 21. The coefficient processing portion 30 is pro 
vided to supply a string of coe?icients for the arithmetic 
convolution to the arithmetic convolution portion 20. The 
coefficient processing portion 30 contains a coefficient stor 
age which stores the coe?icients used for the arithmetic 
convolution. The details of the coe?icient storage will be 
described later. Thus, a string of coe?icients, stored by the 
coe?icient storage, are automatically supplied to the arith 
metic convolution portion 20 in each sampling period. The 
coefficient processing portion 30 also contains a long-time 
reverberation storage which stores multiple sampling data 
representative of the long-time re?ection sounds. Inciden 
tally, the details of the long-time reverberation storage will 
be described later. The coe?icients, stored by the coe?icient 
storage, are renewed responsive to the stored contents of the 
long-time reverberation storage. Moreover, the coef?cient 
processing portion 30 is con?gured such that the coeffi 
cients, stored by the coef?cient storage, are rewritten by 
other coe?icients which are inputted thereto from an exter 
nal device (not shown). Incidentally, the details in circuit 
con?guration for changing the coefficients will be described 
later. The coe?ieient-change control portion 40 detects the 
amplitude levels of the sampling data which are inputted 
thereto through the input terminal 11. Based on the results of 
the detection, the coe?icient-change control portion 40 
sends a variety of control signals to the coefficient process 
ing portion 30 in order to change the coe?icients used for the 
arithmetic convolution. In addition, the coe?icient-change 
control portion 40 sends another control signal to the data 
input control portion 10 in order to control the entry of the 
sampling data. 

Next, the detailed’ circuit con?guration will be described 
with respect to the data-input control portion 10, the arith 
metic convolution portion 20 and the coe?icient~change 
control portion 40 respectively with reference to FIG. 3. 

(2) Data-Input Control Portion 10 

The data-input control portion 10 is con?gured by an 
interface circuit IFS and a selector SEL1. In the DSP 
according to the present embodiment, the data transfer is 
performed by the unit of one word. However, input data 
from the external device, e.g., the sampling data on which 
the arithmetic convolution should be performed, are inputted 
to the DSP in a serial manner, so that bits of the data are 
serially inputted to the DSP. Similarly, output data, e. g., data 
representative of the results of the arithmetic convolution, 
are outputted from the DSP in a serial manner, so that bits 
of the data are serially outputted from the DSP. Therefore, 
the data transmission is performed between the external 
device and DSP by means of the interface circuit providing 
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6 
a serial-to-parallel converting function or a parallel-to-serial 
converting function. So, the interface circuit IF5 in the 
data-input control portion 10 is provided to accomplish the 
above-mentioned data transmission between the DSP and 
external device. The interface circuit IFS contains a shift 
register SFS in order to perform the serial-to-parallel con 
version. Now, bits of the sampling data (or serial data) 
representative of the audio signal to which the reverberation 
should be imparted are serially supplied to the interface 
circuit IFS through the input terminal 11, wherein those bits 
are sequentially written into the shift register SFS in syn 
chronism with shift clocks SCLK. When the shift register 
SFS accumulates one word of sampling data, the sampling 
data accumulated is outputted as parallel data. The shift 
register SF5 has a shift-clock-inhibit function by which the 
writing operation of the sampling data to the shift register 
SFS is terminated. This shift-clock-inhibit function is made 
valid when a level-detection signal LDT is outputted, 
wherein the details of the level-detection signal LDT will be 
described later. The selector SEL1 has two input terminals, 
wherein a O-input terminal receives output data of the shift 
register SP5 and a l-input terminal receives ?xed data ‘0’, 
while a select terminal S receives a control signal TM6, 
which will be described later. The selector SEL1 continu 
ously selects the output data of the shift register SFS as long 
as the control signal TM6 is at ‘0’. On the other hand, when 
the control signal TM6 is at ‘1’, the selector SEL1 selects the 
?xed data ‘0’. Thus, the data selected is outputted from the 
selector SEL1. 

(3) Arithmetic Convolution Portion 

The arithmetic convolution portion 20 is con?gured by a 
data shift register DSR, a multiplier MX and an accumulator 
ACC. The data shift register DSR stores a string of sampling 
data which are inputted thereto through the data-input con 
trol portion 10. The data shift register DSR has multiple 
storage areas, the number of which is represented by a 
numerical symbol ‘n’. The manner of inputting the sampling 
data to the data shift register DSR depends upon the ampli 
tude level of the audio signal supplied to the input terminal 
11. When the amplitude level of the audio signal at the input 
terminal 11 is relatively high, the sampling data are sequen 
tially inputted to the data shift register DSR; hence, every 
time new sampling data is inputted, the sampling data, 
which have been already written in the data shift register 
DSR are shifted by one storage area. In contrast, when the 
amplitude level of the audio signal is relatively low, the 
sampling data are prohibited from being inputted to data 
shift register DSR; hence, no shift operation is performed in 
the data shift register DSR. As described above, certain 
control is performed responsive to the amplitude level of the 
audio signal with respect to the inputting manner of the 
sampling data by the data shift register DSR on the basis of 
the aforementioned level-detection signal LDT. 

FIG. 3 shows that the data shift register DSR stores ‘n’ 
sampling data “Xm” to “Xm_n+1” at a certain sampling 
period. The ‘n’ sampling data Xm to Xm_,,+1 are respectively 
multiplied by coe?icients, which are supplied from the 
coefficient processing portion 30, in the multiplier MX; and 
then, results of the multiplication are accumulated by the 
accumulator ACC. As described above, the arithmetic con 
volution is performed in a time-division manner on the 
sampling data Xm to Xm_n+1. Thereafter, the accumulator 
ACC outputs an overall result of the arithmetic convolution 
“Ym”. When the arithmetic convolution is completed with 
respect to the current sampling period, the accumulator ACC 



5,619,579 
7 

is cleared to prepare for the next arithmetic convolution to 
be performed with respect to the next sampling period. 
The DSP as shown by FIGS. 2 and 3 is design to output 

the result of arithmetic convolution Ym as well as the 
sampling data X,,,_n+1 which is stored in the last storage area 
of the data shift register DSR by means of output means (not 
shown). In addition, the DSP can provide an adder (not 
shown) which adds input information from the external 
device to the result of arithmetic convolution Ym and then 
outputs the result of addition. Therefore, by interconnecting 
multiple DSPs, according to the present embodiment, in a 
cascade-connection manner, it is possible to form a com 
puting device which is capable of performing a high-order 
arithmetic convolution. In that case, the information stored 
at the last storage area of the data shift register in a ?rst DSP 
is supplied to the ?rst storage area of the data shift register 
provided in a second DSP; and ?rst result of arithmetic 
convolution produced by the ?rst DSP is supplied to the 
second DSP in which it is added with second result of 
arithmetic convolution. 

(4) Coeilicient-Change Control Portion 40 

The coe?icient-change control portion 40 is con?gured by 
a level detection circuit 41, a coe?icient input/output control 
portion 42 and an exclusive OR circuit 43. The level 
detection circuit 41 detects the amplitude of the audio signal 
represented by the sampling data applied to the input ter 
minal 11. When the amplitude level detected is lower than a 
predetermined level, which is set in proximity to the zero 
level, the level detection circuit 41 outputs the aforemen 
tioned level-detection signal LDT whose level is set at ‘I’. 
As the control signals for changing the coeilicients used for 
the arithmetic convolution, the coe?ieient input/output con 
trol portion 42 outputs control signals TMla, TMU, and TM2 
to TMS as well as a clear signal CLR and other signals which 
are not speci?cally described. Those signals are supplied to 
the coe?icient processing portion 30. Incidentally, the coef 
?cient processing portion 30 provides a coe?icient shift 
register which stores a string of coefficients used for the 
arithmetic convolution; and the coe?icients are changed 
inside of the coc?icient processing portion 30. The coe?i 
cient processing portion 30 employs three kinds of coe?i 
cient-change processing, wherein ?rst and second DSPs are 
connected together in the cascade-connection manner. 

(a) First Coe?icient-Change Processing 

The coe?icients, stored by the coe?icient shift register 
provided in the second DSP, are shifted so that a certain 
storage area of the coe?icient shift register becomes vacant. 
Then, the second DSP receives one coefficient within a 
string of coe?icients which are stored by the coef?cient shift 
register provided in the ?rst DSP, so that the vacant storage 
area thereof is ?lled with that coe?icient. 

(b) Second Coef?cient-Change Processing 

The COC?ICICI‘IlS, stored by the ?rst DSP, are shifted so that 
a certain storage area of the coe?icient shift register becomes 
vacant. Then, the ?rst DSP receives one coefficient within a 
string of coe?icients which are stored by the second DSP, so 
that the vacant storage area thereof is ?lled with that 
coe?icient. 

(c) Third Coefficient-Change Processing 

By referring to the aforementioned long-time reverbera 
tion storage, provided in the coefficient processing portion 
30, the coe?icients, used for the arithmetic convolution, are 

20 

25 

30 

35 

45 

50 

55 

65 

8 
changed by those corresponding to the reflected sounds 
which emerge later along the time axis (see the graph (a) in 
FIG. 1). In other words, the coefficients are successively 
shifted from the coefficients, corresponding to the re?ected 
sounds which are picked up at a ?rst time after the moment 
at which the impulse sound is produced, to the other 
coe?icients corresponding to the re?ected sounds which are 
picked up at a second time which is later than the ?rst time. 

Each of the ?rst and second coei?cient-change process 
ings is designated by an instruction given from the external 
device. Therefore, the coefficient input/output control por 
tion 42 outputs a set of control signals (TMM, etc.) which 
meet the requirements of the coe?icient-change processing 
designated. On the other hand, the third coe?icient—change 
processing is automatically designated when the level detec 
tion circuit 41 outputs the level-detection signal LDT. There 
fore, the coefficient input/output control portion 42 outputs 
a set of control signals, which meet the requirements of the 
third coe?icient—change processing, in response to the level 
detection signal LDT. 

(5) Coefficient Processing Portion 30 

Next, the detailed con?guration of the coefficient process 
ing portion 30 will be described with reference to FIG. 4. 
The coefficient processing portion 30 provides a coe?icient 
shift register CSR which is con?gured by connecting ‘n’ 
registers M1 to M,l together in a cascade-connection manner. 
Each of those registers M1 to Mn stores each of the coef? 
cients to be supplied to the arithmetic convolution portion 
20. In short, the coefficient shift register CSR is provided to 
play a role as the storage means to store a string of 
coe?icients for the arithmetic convolution. FIG. 4 shows that 
a string of coe?ieients C1 to C" for the arithmetic convolu 
tion are respectively stored by the registers M" to M1. 
Master clocks MCLK are supplied to the coe?icient shift 
register CSR as its shift clocks. The multiplication process 
ing, performed by the multiplier MX provided in the afore 
mentioned arithmetic convolution portion 20 (see FIG. 3), is 
performed in synchronism with the master clocks MCLK as 
well. 
The ?rst register M1 of the coe?‘icient shift register CSR 

receives an output of an selector SEL3, while an output of 
the last register Mn is supplied to a O-input terminal of a 
selector SEL2. The aforementioned control signal TlVI2 is 
supplied to a select terminal ‘S’ of the selector SE12 as select 
information. The level of the control signal TM2 is changed 
over by the coefficient input/output control portion 42 when 
the external device issues an instruction to change the 
coe?icient to the DSP, or when the level-detection signal 
LDT is outputted. 
An interface circuit IF1 is provided to input the coeffi 

cients given from the external device. As similar to the 
interface circuit IFS described before, the interface circuit 
IF1 contains a shift register SF1 in order to perform the 
serial-to-parallel conversion. The shift register SF1 receives 
the shift clocks SCLK which synchronize with the master 
clocks MCLK. The level of the signal applied to a clock 
inhibit terminal ‘CI’ of the shift register SF1 is changed over 
by the coe?icient input/output control portion 42. When the 
level of the signal applied to the clock-inhibit terminal CI is 
at ‘0’ level, the shift operation is permitted. On the other 
hand, when it is at ‘1’ level, the shift operation is inhibited. 
Bits of coe?icient data, given from the external device, are 
serially supplied to the interface circuit IF1. Those bits are 
sequentially written into the shift register SF1 in synchro 
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nism with the shift clocks SCLK. When the shift register 
SP1 completes the accumulation of one word of coe?icient 
data, that parallel data is outputted as parallel data. 
The coe?icient data, given from the external device, is 

inputted to a register REG2 through the interface circuit 1P1. 
This coe?icient data is written into the register REG2 in 
synchronism with the master clock MCLK. The output of 
the register REG2 is supplied to a l-input terminal of the 
selector SEL2. The selector SEL2 selects the output of the 
register M" when the control signal TM2 is at ‘0’ level, while 
the selector SEL2 selects the output of the register REG2 
when the control signal TM2 is at ‘1’ level. The output of the 
selector SEL2 is outputted to the aforementioned multiplier 
’MX of the arithmetic convolution portion 20. In addition, 
the output of the selector SEL 2 is also supplied to a register 
REGl as well as a O-input terminal of a selector SEL4. 
Further, this output is supplied to interface circuits IP2 and 
IP4 as well. 

The interface circuit IP2 is provided to output the coef 
?cient data, which is outputted from the selector SEL2, to 
the external device. This interface circuit IP2 contains a shift 
register SP2 in order to perform the parallel-to-serial con 
version. In order to receive a signal, by which the opera 
tional state is changed over between a shift~operation state 
and a load-operation state, the shift register SP2 has a 
shift/load terminal ‘S/L’. When a signal ‘0’ is applied to the 
shift/load terrrrinal S/L, the coe?icient data (having a paral 
lel-data form) outputted from the selector SEL2 is written 
into the shift register SP2. When a signal ‘1’ is applied to the 
shift/load terminal S/L, bits of the coe?icient data, written in 
the shift register SP2, are respectively shifted in synchro 
nism with the shift clocks SCLK; hence, every time one shift 
clock is supplied, one bit in the coefficient data is shifted out 
toward the external device. 

As similar to the interface circuit IP2, the interface circuit 
1P4 is provided to output the coe?icient data, outputted from 
the selector SEL2, to the external device. The interface 
circuit 1P4 contains a shift register SP4 and a register REG4. 
As similar to the shift register SP2 described above, the shift 
register SP4 is provided to perform the parallel-to-serial 
conversion. The register REG4 is provided to retain the 
coefficient data outputted from the selector SEL2. The 
register REG4 has a load terminal ‘LD’, to which the control 
signal TM3, outputted by the coefficient input/output control 
portion 42, is supplied. When the control signal TM3 is set 
at ‘0’ level, the coe?‘icient data, outputted from the selector 
SEL2, is written into the register REG4 by the master clock 
MCLK. The coe?icient data, written in the register REG4, is 
loaded to the shift register SP4 when a signal ‘0’ is applied 
to a shift/load terminal S/L. On the other hand, when a signal 
‘1’ is applied to the shift/load terminal S/L, bits of the 
coe?icient data, written in the shift register SP4, are serially 
outputted to the external device in synchronism with the 
shift clocks SCLK. 

As similar to the aforementioned interface circuit IPl, the 
operations of the interface circuits IP2 and 1P4 described 
above are controlled by the control signals outputted from 
the coe?icient input/output control portion 42. 
As similar to the interface circuit 1P1, an interface circuit 

1P3 contains a shift register SP3 in order to convert the serial 
data into the parallel data. The interface circuit 1P3 plays a 
role to receive the coefficient data, given from the external 
device, for the arithmetic convolution to be performed. 
Moreover, the interface circuit 1P3 plays another role to 
receive the coefficient data, for the arithmetic convolution, 
which are read from a coe?icient-temporary RAM 301. 
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10 
Incidentally, the details of the coe?icient-temporary RAM 
301 will be described later. FIG. 4 shows merely one part in 
con?guration of the interface circuit IP3, which is provided 
to receive the coe?icient data read out from the coe?icient 
temporary RAM 301. However, FIG. 4 does not show 
another part which is provided to receive the coe?icient data 
from the external device. 

The coefficient-temporary RAM 301 is provided as the 
aforementioned long-time reverberation storage. Under the 
control of the external CPU or the like, the sampling data 
representative of the reflected sounds, having a long rever 
beration time, which are picked up on the certain sound-?eld 
space such as the church, are stored in the coefficient 
temporary RAM 301 as the coe?icients used for the arith 
metic convolution. A read-out control circuit 302 is coupled 
to the coefficient-temporary RAM 301, so that the coef?cient 
data are read out from the coefficient-temporary RAM 301 
in response to the level-detection signal LDT and the control 
signal TM6 given from the coefficient input/output control 
portion 42. 
An interface circuit 1P6 contains a shift register SP6 in 

order to perform the parallel-to-serial conversion. When a 
signal ‘0’ is applied to a shift/load terminal S/L, the shift 
register SP6 inputs the coe?icient data (having a parallel 
data form) from the coefficient-temporary RAM 301. When 
a signal ‘1’ is applied to the shift/load terminal S/L, bits of 
the coe?icient data, written in the shift register SP6, are 
serially outputted from the interface circuit 1P6. The coef 
?cient data (having a serial-data form) outputted from the 
shift register SP6 is supplied to the interface circuit IP3, in 
which the serial coe?icient data is converted into parallel 
coe?icient data, which is then outputted to a register REG3. 

The selector SEL3 has four input terminals, i.e., O-input 
terminal to 3-input terminal. Herein, O-input terminal 
receives an output of the selector SEL4; l-input terminal 
receives an output of the register REGl; 2-input terminal 
receives an output of a (n—l)-th register M,,_,; and 3-input 
terminal receives an output of the register REG3. Further, 
the selector SEL3 has two select terminals ‘S0’ and ‘S1’. 
The control signals TM,“ and TMlb, outputted from the 
coefficient input/output control portion 42, are respectively 
supplied to the select terminals S0 and S1. In the selector 
SEL3, the O-input terminal is selected when both of the 
control signals TM,,, and TM“, are at ‘0’ level; the l-input 
terminal is selected when TMh, is at ‘l’ and TM“, is at ‘0’; 
the 2-input terminal is selected when 'IMM is at ‘0’ and 
TM”, is at ‘l’; and the 3-input terminal is selected when 
TM,” and TM”, are both at ‘1’ level. 
The master clocks MCLK are supplied to a clock terminal 

of the register REG3, while the control signal TM3, output 
ted from the coe?icient input/output control portion 42, is 
supplied to a load terminal ‘LD’ of the register REG3. When 
the control signal TM3 is set at ‘0’, output data of the shift 
register SP3 is written into the register REG3 in synchro 
nism with the master clock MCLK. The selector SEL4 
receives the output data of the selector SEL2 and the 
coe?icient data given from the external device. Either the 
output data or coe?'rcient data is selected by the selector 
SELA in response to the control signal TM4 which is 
outputted from the coe?icient input/output control portion 
42 and is supplied to a select terminal ‘S’ of the selector 
SEL4. The data, selected by the selector SEL3, is written 
into the ?rst register M1 of the coefficient shift register CSR 
in synchronism with the master clock MCLK. That data is 
shifted to the next registers M2, M3, . . . in turn in synchro 
nism with the master clocks MCLK. 
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[C] Operations of the DSP 

Next, the operations of the DSP described heretofore will 
be described in detail. FIGS. 5 and 6 are time charts showing 
a variety of signals used by the DSP. Symbols (a) to (e), 
shown in FIG. 5, and symbols (1) to (i), shown in FIG. 6, 
respectively correspond to the speci?c states in interior 
con?guration of the DSP (see FIGS. 7 to 15). Each of those 
drawings show interconnection manner among the registers, 
memories and the like which are con?gured inside of the 
DSP. Incidentally, each drawing omits the illustration of the 
selector SEL4. 

Now, the operations of the DSP will be described in detail 
with reference to those drawings and with respect to each of 
four situations. 

( 1) First Situation 

In the ?rst situation where the amplitude level of the audio 
signal inputted is relatively high, the level-detection signal 
LDT is at ‘0’ level. Hence, as shown in FIG. 5, all of the 
control signals TMla, TMlb, TM2, TM4, TMS and TM6 are 
set at ‘0’ level, while the control signal TM3 is set at ‘I’ 
level. Thus, the coe?icient data of the register Mn is selec 
tively outputted by the selector SELZ; and then, that data is 
selectively outputted by the selector SEL4; thereafter, that 
data is selectively outputted by the selector SEL3 and is 
supplied to the register M1. The above-mentioned transmis 
sion of the coe?icient data indicates that the circulation-type 
shift register is con?gured by the coe?icient shift register 
CSR and the selectors SEL2, SELA and SEL3. This trans 
mission will be described in detail below. 

Now, the coe?icients C1 to Cn are stored in respective 
storage areas of the coefficient shift register CSR, as shown 
in FIG. 7, at a leading-edge timing of a ?rst master clock 
MCLK (see (a) in FIG. 5) in a certain sampling period ‘Tm’. 
This state will be referred to as a ?rst state (a) (see FIG. 7). 
After the ?rst state is established, the coe?icients are shifted 
by one storage area of the coe?icient shift register CSR in 
synchronism with each of the master clocks MCLK which 
are sequentially produced after the ?rst master clock. There 
fore, the coefficients C1, C2, . . . are sequentially supplied to 
the arithmetic convolution portion 20 through the selector 
SEL2. In addition, those coe?icients are sequentially sup 
plied to the ?rst storage area Ml of the coe?icient shift 
register CSR as well through the selectors SEL4 and SEL3. 
During the sampling period Tm, the ‘n’ master clocks MCLK 
are produced, so that the coefficients circulates once. After 
the sampling period Tm ends, a new sampling period Tm+1 
starts. When the new sampling period Tm,1 is started (see (b) 
in FIG. 5), the coe?icient shift register CSR stores the 
coefficients C1 to C,l as shown in FIG. 8. 

In the arithmetic convolution portion 20, the multiplier 
MX sequentially inputs the sampling data Xm, Xm_1, . . . and 
Xm_n+1 in one sampling period. The multiplier MX receives 
each of the coefficients C1 to Cu through the selector SEL2 
in synchronism with each of the sampling data Xm to 
Xm_,,+1. Hence, after the completion of one sampling period, 
the accumulator ACC accumulates the results of arithmetic 
convolution as follows: 

When the sampling period is changed from Tm to Tm +1, 
new sampling data Xm+1 is supplied to the data shift register 
DSR. At this timing (see (b) in FIG. 5), the data shift register 
DSR stores a string of sampling data XmH to X,,,_,,+2 as 
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12 
shown in FIG. 8. In other words, a second state (b) as shown 
in FIG. 8 is established. In the sampling period Tm+1, the 
arithmetic convolution is performed, using the coef?cients 
C1 to C" stored in the coefficient shift register CSR, on the 
sampling data Xm+1 to Xm_,,+2 stored in the data shift register 
DSR shown in FIG. 8. 

(2) Second Situation 

The second situation is de?ned as the situation where the 
amplitude level of the audio signal inputted is changed from 
high level to low level. In a sampling period Tma which 
corresponds to the second situation, the amplitude level of 
the audio signal inputted is set at almost zero level, so that 
the level detection circuit 41 outputs the level-detection 
signal LDT which is at ‘I’ level. In that case, the following 
operations are performed by the DSP. 

At ?rst, when the level-detection signal LDT is changed 
in level from ‘O’ to ‘l’, the coe?icient input/output control 
portion 42 sets the control signal TM5 at ‘1’ level. The result 
of the exclusive-OR operation applied to the level-detection 
signal LDT and the control signal TM5 is indicated by a 
number ‘0’. Hence, the level of the control signal TM6 is 
maintained at ‘0’ level. After the level-detection signal LDT 
is changed in level from ‘0’ to ‘1’ while the level of the 
control signal TM6 is maintained at ‘0’ level, the read-out 
control circuit 302 controls the coefficient temporary RAM 
301 such that one coe?icient is read out in one sampling 
period. Hence, the coef?cients CH1, CH2, . . . are sequen 
tially read from the coe?icient temporary RAM 301. If a 
string of coe?icients C1 to C", stored in the coe?icient shift 
register CSR, correspond to a former-half sounds within the 
long-time re?ected sounds, a string of coefficients CH1, 
Cn+2, . . . correspond to a latter-half sounds succeeded. The 

coe?icients CH1, CH2, . . . , read from the coefficient 

temporary RAM 301, are supplied to the register REG3 
through the interface circuits IF6 and IF3 (see FIG. 4). 
When the level-detection signal LDT is changed in level 

to ‘1’, the control signals TMla, TMlb, TMZ, TM3 and TM4 
are changed in level as well. 

In the duration of the ?rst master clock in each sampling 
period, the control signal TM3 is retained in level at ‘O’. 

In the time interval in which the level-detection signal 
LDT is retained in level at ‘l’, the control signal TMlb is 
normally set at ‘l’; and the control signal TMla is set at ‘1’ 
only in the duration to be measured between a ?rst moment, 
at which the last master clock is outputted in each sampling 
period, and a second moment at which the next master clock 
is outputted, while the control signal TM“, is retained in 
level at ‘0’ in the other durations. In each sampling period, 
the selector SEL3 selects the coef?cient data, stored in the 
(n—l)th register M,,_1 of the coe?icient shift register CSR, 
until the last master clock is outputted. In each sampling 
period, when the last master clock is outputted, the selector 
SEL3 selects the data stored in the register REG3. 
As similar to the foregoing ?rst situation where the 

amplitude level of the audio signal inputted is relatively 
high, the control signal TM2 is normally set at ‘0’. 

Next, the detailed description will be given with respect 
to a manner of transition in the stored contents of each 
register. 

Firstly, when a ?rst master clock MCLK is outputted in 
the sampling period Tm which begins just after the level 
detection signal LDT is turned in level to ‘l’, the coefficients 
C1 to C" are respectively stored in the registers M1 to Mn of 
the coe?icient shift register CSR. This state is called a third 
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state (c) which is established at a moment (c) in FIG. 5 and 
which corresponds to the con?guration shown in FIG. 9. 

In the third state (c), the control signal TM3, which is 
normally set at ‘1’, is set at ‘0’ during a duration which 
corresponds to one period of the master clock MCLK. In the 
duration where the control signal TM3 is retained in level at 
‘0’, when the pulse of the master clock MCLK rises, the 
cocllicicnt CH1, which is currently given from the interface 
circuit IF3, is written into the register REG3 (see FIG. 9). 
After that duration, the level of the control signal TM3 is 
returned to ‘l’; thereafter, even when the master clock 
MCLK is inputted, the register REG3 continuously retains 
the coetlicient C"+1 therein. 

In a duration, in which the DSP receives the ?rst master 
clock to the (n—l)th master clock in the sampling period Tma, 
the level of the control signal TMla is retained at ‘0’. In that 
duration, the output of the register M,,_1 is selected by the 
selector SEL3 and is inputted into the register M1. Then, the 
circulation-type shift register, having ‘n—1’ stages, which is 
con?gured by the registers M1 to M,l_1 and the selector 
SEL3, performs the circulatory shift on a string of coeffi 
cients C2 to C". In that circulatory shift, the output of the 
register M,,_1 is delayed, in the register M", by a certain 
delay time which corresponds to one period of the master 
clock MCLK; and then, the delayed output is supplied to the 
arithmetic convolution portion 10 through the selector 
SEL2. Herein, the coe?icient C], which is outputted from 
the selector SEL2 in synchronism with the ?rst master clock 
MCLK, is not fed back to the register M1 and is eventually 
excluded from a string of coei?cients which circulate in the 
coe?icient shift register CSR. At a timing when the last n-th 
master clock MCLK is outputted in the sampling period Tm, 
the register Mn stores the coe?icient C", while the registers 
M,l_1 to M1 respectively store the coei?cients C2 to C". This 
state is called a fourth state which is established at a moment 
(d) in FIG. 5 and which corresponds to the con?guration 
shown in FIG. 10. 
When the last n-th master clock MCLK is outputted in the 

sampling period T,,,,,, the control signal TMM is changed in 
level to ‘1’; therefore, the coef?cient C,‘+1 stored in the 
register REG3 is selected by the selector SEL3 and is 
supplied to the register M1. 
When the sampling period is changed over from ‘Tm’ to 

‘Tma +1’, the coei?cient C"+1 is written into the register M1 
in response to a ?rst master clock MCLK in the new 
sampling period Tm“. Thus, the register Mn stores the 
coefficient C2, while the registers M,l_l to M1 respectively 
store the coe?icients C3 to CH1. This state is called a ?fth 
state which is established at a moment (e) in FIG. 5 and 
which corresponds to the con?guration shown in FIG. 11. 
When the ?rst master clock MCLK is outputted in the 
sampling period TmaH, the control signal TM3 is changed in 
level to ‘0’. Thus, the coef?cient CH2, which is outputted 
from the interface circuit IE5 at that moment, is written into 
the register REG3. Thereafter, as similar to the foregoing 
sampling period Tm, in a duration in which the DSP 
receives the ?rst master clock to the (n—l)th master clock in 
the sampling period TMH, the control signal TMla is 
retained in level at ‘0’. In that duration, the circulation-type 
shift register, having ‘n-l ’ stages, which is con?gured by the 
registers M1 to M,l_1 and the selector SEL3, performs the 
circulatory shift on a string of coe?icients C3 to CM]. In the 
circulatory shift, the output of the register M,l_1 is delayed, 
in the register M", by a certain delay time which corresponds 
to one period of the master clock MCLK; and then, the 
delayed output is supplied to the arithmetic convolution 
portion 20 through the selector SEL2. In the sampling period 
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TmaH, the coefficient C2 is outputted from the selector SELZ 
in synchronism with the ?rst master clock MCLK. However, 
this coefficient C2 is not fed back to the register M1 and is 
excluded from a string of coefficients which circulate in the 
coe?icient shift register CSR. 
As described above, when the amplitude level of the audio 

signal inputted is reduced to the low level, the level 
detection signal LDT is changed in level to ‘1’. In the 
duration in which the level-detection signal LDT is retained 
in level at ‘1’, the coe?icients C1, C2, . . . are sequentially 
abandoned every time the sampling period is changed over. 
Moreover, every time the sampling period is changed over, 
the coe?icients CH1, CH2, . . . , which are used to impart the 
long-time reverberation to the audio signal, are sequentially 
read from the coef?cient temporary RAM 301. Those coef 
?cients are sequentially supplied to the coefficient shift 
register CSR through the interface circuits IF6, IF3, the 
register REG3 and the selector SEL3, so that each of them 
is added as the last of the coef?cients stored in the coe?icient 
shift register CSR. 
By repeating the above-mentioned circulatory shift for the 

coe?icients, a string of coe?icients, which are outputted 
from the coefficient processing portion 30 and are supplied 
to the arithmetic convolution portion 20, are changed every 
time the sampling period progresses. If the sampling period 
progresses in an order of (D, Q), . . . (see below), a string 
of coe?icients, which are supplied to the arithmetic convo 
lution portion 20, are changed as follows: 

@ C1, C2, c114, cu 

@ C2, C3, - . - , Cm cn+1 

@ C3, C4, - . - , Cn+lr Cn+2 

In short, every time the sampling period is changed over, a 
string of coe?icients are changed to those corresponding to 
a latter part in the reflected sounds. 

In the arithmetic convolution portion 20, the level-detec 
tion signal LDT, which is at ‘1’ level, is supplied to the data 
shift register DSR. Thus, new sampling data is inhibited 
from being written into the data shift register DSR; and the 
data shift register DSR does not perform the data shift. 
Therefore, even when the sampling period is changed over, 
the data shift register DSR continuously retains a set of 
sampling data Xma to XWH,+1 which are stored therein 
before the level-detection signal LDT is turned in level to 
‘1’. Therefore, in all of the states (c) to (e) shown in FIGS. 
9 to 11, those sampling data are retained in the data shift 
register DSR without being changed. Therefore, in each of 
the sampling periods which sequentially emerge under the 
condition where the level-detection signal LDT is retained in 
level at ‘1’, the sampling data Xma to XWH,+1 are normally 
read from the data shift register DSR and are sequentially 
supplied to the multiplier MX. 
As described heretofore, under the condition where the 

amplitude level of the audio signal inputted is relatively low, 
the arithmetic convolution is performed on a string of 
sampling data, which are ?xed, by using a string of coeffi 
cients which are changed, in each sampling period, to those 
corresponding to a latter part of the re?ected sounds shown 
in FIG. 1. 

(3) Third Situation 

In the third situation, the amplitude level of the audio 
signal inputted is changed from low level to high level. This 
situation emerges at a sampling period Tmb (see FIG. 6), in 
















